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In some communications systems, the need arises for temporally 
interpolating data or signalling information during continuous speech. 1 
If the required time gaps are created by simply interrupting the speech 
signal, severe degradation of speech quality and some loss in intel- 
ligibility results. 

The reason for the degradation is twofold: 

(i) The interruptions introduce discontinuities in the speech signal — 
two for eveiy interruption. 

(«) The interruptions, unless occurring pitch synchronously, create 
an inharmonic signal. 

In the following, a proposal is described which avoids discontinuities 
and is pitch synchronous — without the need for pitch detection. Average 
"off-time" ratios of 30 percent have been achieved for continuous speech 
without audible degradation. These results were obtained by computer 
simulation of a sampled data system. The instrumentation for a real- 
time analog system is simple. 

The gaps created by this method occur at irregular intervals in time. 
Thus, for a steady flow of data or signalling information, some buffer 
storage and coding that distinguishes "gaps" (interpolated data) from 
speech is required. 

In the proposed interpolation system, the speech signal s(t) is divided 
by its envelope 

a(t) = [s\t) + s 2 (t)]>, (1) 

where s(t) is the Hilbert transform 2 of s(t). The resulting signal is 
then multiplied by a modified envelope 

-t*\ r d\ i a (0 ~ c if a > c ,_. 

a(0 = [a(t) - cj + = J (2) 

I if age, 

where the function { } + equals its argument for positive arguments 
and is zero otherwise. 
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The combination of these two operations results in the desired in- 
terrupted signal 

'M-^WO-'U- (3) 

The average off-time ratio depends on the magnitude of the constant 
c. For Gaussian signals, this ratio is given by 

r.„ = l-exp[-c7^]. (4) 

In one of the computer simulations, c was chosen equal to 0.5 a. 
For a Gaussian signal, this choice corresponds to 

c = M l . (5) 

Thus, the average off-time becomes 

r oll = 1 - exp [-t/16] = 0.18 = 18%. (6) 

The actually observed off-time ratios for c = 0.5 d for two test sentences 
were 26 percent for male speech and 16 percent for female speech. 
(d was obtained by averaging a(t) over 20 msec with a rectangular time 

window.) 

Fig. 1 shows microfilm outputs from a computer simulation. The 
constant c was chosen equal to 0.9 a in order to achieve off-time ratios 
near 50 percent. The first line shows the original signal s(t), the second 
line the interrupted signal 8,(S) and the third line the "switching func- 
tion" {1 - c/a(i)}+ • The actual off-time ratio for the total utterance 
(one sentence, male speaker) was r oU = 55 percent. 

The speech quality for this rather large off-time ratio was judged 
somewhat nasal but as intelligible as the original. It is possible that 
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Fig. 1 — (a) Original signal $(t). (b) Interrupted signal s ( (t). (c) "Switching 
function" {1 - 0.9a(0/a(0} + 
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Fig. 2 — Possible implementation of a systom for interpolation of data with con- 
tinuous speech signals. 

even better results might be achieved by "smoothing" the switching 
function, by filling in short gaps and by eliminating short speech bursts. 

A possible implementation is shown in Fig. 2 in block diagram form. 
The division by a(t) indicated in (3) can be effected by single-sideband 
modulation followed by infinite clipping. The function { • } + corresponds 
to standard half-wave rectification. The multiplication by \a(t) — c) + 
can be effected by a switch-type modulator. The desired interrupted 
signal is obtained by a downward frequency shift of the modified- 
envelope single-sideband signal. 

The problem of interpolating signalling information with speech 
arose in a new mobile communication system for trains and was brought 
to our attention by Mr. C. E. Paul. 
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